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1
VOICE PROCESSING APPARATUS

BACKGROUND OF THE INVENTION

1. Technical Field of the Invention

The present invention relates to technology for processing
a voice signal.

2. Description of the Related Art

Technology for converting characteristics of voice has
been proposed, for example, by Jean Laroche, “Frequency-
Domain Techniques for High-Quality Voice Modification”,
Proc. of the 67 Int. Conference on Digital Audio Effects.
2003. This reference discloses technology for converting a
fundamental frequency (pitch) and characteristics of voice by
appropriately shifting each band component obtained by
dividing a spectrum of a voice signal into harmonic compo-
nents (fundamental harmonic component and higher order
harmonic components) in the frequency domain.

However, since the technology of the above noted refer-
ence converts a fundamental frequency by shifting band com-
ponents of the spectrum of a voice signal in the frequency
domain, when a harmonic component and another sound
component (referred to as “ambient component™ hereinafter)
are present in each band component, it is difficult to generate
a natural voice having a frequency-phase relationship appro-
priately maintained for both the harmonic component and the
ambient component. It is possible to generate a natural voice
by respectively adjusting phases of the harmonic component
and the ambient component through different methods. How-
ever, in case of peculiar voice, for example, a thick voice
(thick gravelly voice) or hoarseness (husky voice), an ambi-
ent component tends to vary greatly with time, and thus it is
difficult to adjust the phase of the ambient component to an
appropriate value separately from a harmonic component.

SUMMARY OF THE INVENTION

In view of this problem, an object of the present invention
is to generate a natural voice through conversion of voice
characteristics.

Means employed by the present invention to solve the
above-noted problem will be described. To facilitate under-
standing of the present invention, correspondence between
components of the present invention and components of
embodiments which will be described later is indicated by
parentheses in the following description. However, the
present invention is not limited to the embodiments.

A voice processing apparatus of the present invention com-
prises one or more of processors configured to: adjust, in the
time domain, a fundamental frequency (e.g. fundamental fre-
quency PS) of a first voice signal (e.g. target voice signal QB)
corresponding to a voice having target voice characteristics to
a fundamental frequency (e.g. fundamental frequency PV) of
a second voice signal (e.g. voice signal VX) corresponding to
a voice having initial voice characteristics different from the
target voice characteristics; and sequentially generate a pro-
cessed spectrum (e.g. spectrum Y[k|) based on a spectrum of
the first voice signal and a spectrum of the second voice signal
by: dividing the spectrum (e.g. spectrum S[k]|) of the first
voice signal into a plurality of harmonic band components
after the fundamental frequency of the first voice signal has
been adjusted to the fundamental frequency of the second
voice signal; allocating each harmonic band component (e.g.
harmonic band component H[i]) obtained by dividing the
spectrum of the first voice signal to each harmonic frequency
(e.g. harmonic frequency fi) associated with the fundamental
frequency of the second voice signal; and adjusting an enve-
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2

lope and phase of each harmonic band component according
to an envelope and phase of the spectrum of the second voice
signal.

In this configuration, since the fundamental frequency of
the first voice signal is adjusted to the fundamental frequency
of the second voice signal in the time domain before voice
characteristic conversion, even when a harmonic component
and an ambient component are present in each harmonic band
component, a frequency-phase relationship is appropriately
maintained for both the harmonic component and ambient
component. Accordingly, it is possible to generate an acous-
tically natural voice.

In a preferred embodiment of the present invention, the
processor is configured to allocate an i-th harmonic band
component (i is a positive integer) of the spectrum of the first
voice signal after adjustment of the fundamental frequency
thereof to each harmonic frequency near an i-th harmonic
component of the spectrum of the first voice signal before
adjustment of the fundamental frequency thereof. According
to this configuration, it is possible to generate a voice in which
the voice characteristics of the first voice signal are suffi-
ciently reflected.

Furthermore, the processor is configured to adjust the fun-
damental frequency of the first voice signal by sampling the
first voice signal according to the ratio of the fundamental
frequency of the first voice signal to the fundamental fre-
quency of the second voice signal.

In a voice processing apparatus according to a preferred
embodiment of the present invention, the processor is further
configured to generate the first voice signal by successively
extracting periods from a target voice signal (e.g. target voice
signal QA) which is obtained by steadily voicing a specific
phoneme with the target voice characteristics, and by con-
necting the periods in the time domain.

According to this configuration, since the first voice signal
is generated by repeating the periods of the target voice sig-
nal, storage capacity necessary to store a voice signal corre-
sponding to the target voice characteristics can be reduced as
compared to a configuration in which the first voice signal
having a long duration is previously stored.

In a voice processing apparatus according to a preferred
embodiment of the present invention, the processor is further
configured to weight the processed spectrum relative to the
spectrum of the second voice signal, and to mix the spectrum
of the second voice signal and the weighted spectrum.
According to this configuration, it is possible to variably
control a degree to which voice characteristics are approxi-
mated to the target voice characteristics by appropriately
selecting a weight value.

A voice processing apparatus according to a preferred
embodiment of the present invention includes a voice synthe-
sizer for generating a second voice signal corresponding to a
voice having a pitch and a phoneme designated by a user by
connecting phonemes of target voice characteristics. In this
configuration, since voice characteristics of the second voice
signal generated by the voice synthesizer are changed, it is
possible to generate voice signals having various voice char-
acteristics even in an environment in which only specific
initial voice characteristics are available.

The voice processing apparatus according to each embodi-
ment of the present invention may not only be implemented
by hardware (electronic circuitry) dedicated for music analy-
sis, such as a digital signal processor (DSP), but may also be
implemented through cooperation between a general opera-
tion processing device such as a central processing unit
(CPU) and a program. A program according to the invention
is executed, on a computer, to: adjust, in the time domain, a
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fundamental frequency of a first voice signal corresponding
to a voice having target voice characteristics to a fundamental
frequency of a second voice signal corresponding to a voice
having initial voice characteristics different from the target
voice characteristics; and sequentially generate a processed
spectrum based on a spectrum of the first voice signal and a
spectrum of the second voice signal by: dividing the spectrum
of the first voice signal into a plurality of harmonic band
components after the fundamental frequency of the first voice
signal has been adjusted to the fundamental frequency of the
second voice signal; allocating each harmonic band compo-
nent obtained by dividing the spectrum of the first voice
signal to each harmonic frequency associated with the fun-
damental frequency of the second voice signal; and adjusting
an envelope and phase of each harmonic band component
according to an envelope and phase of the spectrum of the
second voice signal.

According to this program, the same operation and effect
as those of the voice processing apparatus according to the
present invention can be achieved. The program according to
each embodiment of the present invention can be stored in a
computer readable recording medium and installed on a com-
puter, or distributed through a communication network and
installed in a computer.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of a voice processing apparatus
according to a first embodiment of the present invention.

FIG. 2 is a block diagram of a conversion unit.

FIG. 3 illustrates an operation of a continuation processor.

FIG. 4 illustrates an operation of a voice characteristic
converter.

DETAILED DESCRIPTION OF THE INVENTION

FIG. 1 is a block diagram of a voice processing apparatus
100 according to a preferred embodiment of the present
invention. The voice processing apparatus 100 of an embodi-
ment described below is a signal processing apparatus (voice
synthesis apparatus) generating a voice signal VZ of the time
domain, which represents the waveform of a voice having an
arbitrary pitch and phoneme, and is implemented as a com-
puter system including a processing unit 12 and a storage unit
14.

The processing unit 12 implements a plurality of functions
(functions of a voice synthesizer 20, an analysis unit 22, a
conversion unit 24, a mixer 26, and a waveform generator 28)
for generating the voice signal VZ by executing a program
PGM stored in the storage unit 14. The storage unit 14 stores
the program PGM executed by the processing unit 12 and data
used by the processing unit 12. A known recording medium
such as a semiconductor recording medium and a magnetic
recording medium or a combination of various types of
recording media may be employed as the storage unit 14.

The storage unit 14 stores a plurality of phonemes DP
previously acquired from a voice having specific character-
istics (referred to as “initial voice characteristics” hereinaf-
ter). Each phoneme DP is a single phoneme corresponding to
a linguistic minimum unit of a voice or a phoneme chain
(diphone or triphone) obtained by connecting a plurality of
phonemes and is represented as a spectrum of the frequency
domain or a voice waveform of the time domain.

The storage unit 14 stores a target voice signal QA of the
time domain, which corresponds to a voice having specific
characteristics (referred to as “target voice characteristics”
hereinafter) different from the initial voice characteristics.
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The target voice signal QA is a sample series of a voice in a
predetermined duration, which is obtained by steadily voic-
ing a specific phoneme (typically a vowel) at a constant pitch.
While the target voice characteristics and the initial voice
characteristics are voice characteristics of different speakers,
different voice characteristics of a single speaker may be used
as the target voice characteristics and the initial voice char-
acteristics. The target voice characteristics according to the
present embodiment are non-modal characteristics, com-
pared to the initial voice characteristics. Specifically, charac-
teristics of a voice spoken by a behavior different from a
normal speaking behavior, are suitable as the target voice
characteristics. For example, a thick voice (thick gravelly
voice), hoarseness (husky voice) or growl can be exemplified
as the target voice characteristics.

The voice synthesizer 20 generates a voice signal VX of the
time domain, which represents the waveform of a voice hav-
ing a pitch and phonemes arbitrarily designated by a user as
the initial voice characteristics. The voice synthesizer 20
according to the present embodiment generates the voice
signal VX through a phoneme connection type voice synthe-
sis process using the phonemes DP stored in the storage unit
14. That is, the voice synthesizer 20 generates the voice signal
VX by sequentially selecting phonemes corresponding to the
phonemes (spoken letters) designated by the user from the
storage unit 14, connecting the selected phonemes in the time
domain and adjusting the connected phonemes to the pitch
designated by the user. A known technique may be employed
to generate the voice signal VX.

The analysis unit 22 sequentially generates a spectrum
(complex spectrum) X[k] of the voice signal VX generated by
the voice synthesizer 20 in unit periods (frames) in the time
domain, and sequentially designates a fundamental fre-
quency (pitch) PV of the voice signal VX in the unit periods.
Here, the symbol k denotes a frequency (frequency bin) from
among a plurality of frequencies discretely set in the fre-
quency domain. A known frequency analysis method such as
short-time Fourier transform may be employed to calculate
the spectrum X[k] and a known pitch detection method may
be employed to designate the fundamental frequency PV. The
fundamental frequency PV of each unit period may be des-
ignated from the pitch (pitch designated to a time series by the
user) applied to voice synthesis according to the voice syn-
thesizer 20.

The conversion unit 24 converts the initial voice character-
istics to the target voice characteristics while maintaining the
pitch and phonemes of the voice signal VX generated by the
voice synthesizer 20. That is, the conversion unit 24 sequen-
tially generates a spectrum (complex spectrum) of a voice
signal VY representing a processed voice having the pitch and
phonemes (tone) of the voice signal VX as the target voice
characteristics in the respective unit periods. The process
performed by the conversion unit 24 will be described in
detail below.

The mixer 26 sequentially generates a spectrum Z[k] of the
voice signal VZ in the respective unit periods by mixing the
voice signal VX (spectrum X[k]) generated by the voice syn-
thesizer 20 and the voice signal VY (spectrum Y[k]) gener-
ated by the conversion unit 24. Specifically, the mixer 26
calculates the spectrum Z[k] by performing weighted sum-
mation on the spectrum X[k]| of the initial voice characteris-
tics and the spectrum Y[k]| of the target voice characteristics,
as represented by Equation (1).

Z[k]=wY [k +(1-w)X[K] M

In Equation (1), weight w is set within the range of O to 1.
As can be seen from Equation (1), a degree to which charac-
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teristics of the voice signal VZ approximate to the target voice
characteristics is adjusted based on the weight w. Specifically,
the characteristics of the voice signal VZ become closer to the
target voice characteristics as the weight w increases. For
example, the weight w varies with time according to user
instruction. Accordingly, a degree to which the target voice
characteristics are reflected in the characteristics of the voice
signal VZ varies time to time.

The waveform generator 28 generates the voice signal VZ
of'the time domain from the spectrum Z[k] generated by the
mixer 26 for each unit period. Specifically, the waveform
generator 28 generates the voice signal VZ by transforming
the spectrum Z[k] of each unit period into a waveform of time
domain through short-time Fourier transform and summing
consecutive waveforms while overlapping the consecutive
waveforms in the time domain. The voice signal VZ gener-
ated by the waveform generator 28 is supplied to a sound
output device (not shown) and output as sound waves.

A detailed configuration and operation of the conversion
unit 24 will now be described. FIG. 2 is a block diagram of the
conversion unit 24. As shown in FIG. 2, the conversion unit 24
includes a continuation processor 32, an adjustor 34, an ana-
lyzer 36 and a voice characteristic converter 38.

The continuation processor 32 connects periods (intervals)
appropriately extracted from the target voice signal QA hav-
ing the target voice characteristics, stored in the storage unit
14, in the time domain to generate a target voice signal QB
having the target voice characteristics and a duration longer
than that of the target voice signal QA.

Specifically, as shown in FIG. 3, the continuation processor
32 generates the target voice signal QB by sequentially set-
ting random points p between the start point and the end point
of'the target voice signal QA and sequentially extracting each
sample between consecutive points p in a forward direction
(forward in time) or backward direction (backward in time)
(random loop). Since the target voice signal QB is generated
through temporal repetition (looping) of the target voice sig-
nal QA having a predetermined duration, as described above,
storage capacity of the storage unit 14 can be reduced com-
pared to a configuration in which the target voice signal QB in
a long duration is stored in the storage unit 14.

The adjustor 34 shown in FIG. 2 generates a target voice
signal QC in the time domain by adjusting the fundamental
frequency (pitch-shifting) of the target voice signal QB gen-
erated by the continuation processor 32 to the fundamental
frequency PV of the voice signal VX. Specifically, the
adjuster 34 generates the target voice signal QC correspond-
ing to a voice produced with the fundamental frequency PV as
the target voice characteristics by sampling (resampling) the
target voice signal QB in the time domain. The target voice
signal QC has the same phonemes as those of the target voice
signal QB. The rate R of sampling according to the adjustor
34 is set to the ratio of the fundamental frequency PV of the
voice signal VX designated by the analyzer 22 to a funda-
mental frequency PS designated from the target voice signal
QB (R=PV/PS). That is, when the fundamental frequency PV
exceeds the fundamental frequency PS (R>1), the target voice
signal QB is sampled on a short cycle compared to when the
target voice signal QB is stored, and thus the fundamental
frequency increases. On the contrary, when the fundamental
frequency PV is less than the fundamental frequency PS
(R<1), the target voice signal QB is sampled on a long cycle
compared to when the target voice signal QB is stored, and
thus the fundamental frequency decreases. A known pitch
detection method is employed to designate the fundamental
frequency PS. Furthermore, the fundamental frequency PS
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6

may be previously stored along with the target voice signal
QA in the storage unit 14 and used to calculate the rate R.

The analysis unit 36 shown in FIG. 2 sequentially gener-
ates a spectrum (complex spectrum) S[k] of the target voice
signal QC generated through adjustment according to the
adjustor 34 in the time domain for the respective unit periods.
A known frequency analysis method such as short-time Fou-
rier transform may be employed to calculate the spectrum
S[k].

The voice characteristic converter 38 sequentially gener-
ates a spectrum Y [k] of the voice signal VY generated with the
pitch and phonemes of the voice signal VX as the target voice
characteristics in the respective unit periods using the spec-
trum X[k] calculated for each unit period by the analyzer 22
from the voice signal VX and the spectrum S[k] of the target
voice characteristics generated for each unit period by the
analysis unit 36. Specifically, the voice characteristic con-
verter 38 generates the spectrum Y[k] of each unit period by:
segmenting the spectrum S[k] of the target voice characteris-
tics into a plurality of bands corresponding to different har-
monic components (first harmonic and second or higher har-
monic components) in the frequency domain, as shown in
FIG. 4; then rearranging a sound component (referred to as
“harmonic band component” hereinafter) of each band H[i] in
the frequency domain in response to the above-described rate
R; and adjusting the intensity (amplitude) and phase of each
harmonic band component H[i] based on the spectrum X[k]|
of the initial voice characteristics.

FIG. 4 shows a spectrum SO[k] of the target voice signal
QB before adjustment according to the adjustor 34. In FI1G. 4,
the frequency fi (i=1, 2, 3, . . . ) is a frequency (referred to as
“harmonic frequency” hereinafter) corresponding to an i-th
harmonic component (i is a positive integer) of the spectrum
S[k] after adjustment according to the adjustor 34. As can be
seen from FIG. 4, the i-th harmonic component HJ[i] of the
spectrum S[k] of the target voice characteristics is allocated
(mapped) to each harmonic frequency fi near the i-th har-
monic component (first harmonic component or a second or
higher harmonic component) in the spectrum SO[k] before
adjustment (pitch change) according to the adjustor 34.

For example, when the fundamental frequency PV of the
voice signal VX corresponds to half the fundamental fre-
quency PS of the target voice signal QA (QB) (R=PV/
PS=0.5), the first harmonic band component H[1] of the spec-
trum S[k] is repetitively mapped to the harmonic frequency f1
and harmonic frequency 2 disposed near the fundamental
frequency PS before being adjusted, and the second harmonic
band component H[2] is repetitively mapped to the harmonic
frequency f3 and harmonic frequency f4 disposed near a
frequency (harmonic frequency) twice the fundamental fre-
quency PS before being adjusted. That is, each harmonic band
component H[i] of the spectrum S[k] is repetitively arranged
in the frequency domain when the fundamental frequency PV
of'the voice signal VX is less than the fundamental frequency
PS of the target voice signal QB (R<1), and a plurality of
harmonic band components H[i] of the spectrum S[k] is
appropriately selected and arranged in the frequency domain
when the fundamental frequency PV exceeds the fundamen-
tal frequency PS (R>1), as shown in FIG. 4.

Specifically, the voice characteristic converter 38 accord-
ing to the present embodiment calculates a band component
Yi[k] with respect to each harmonic frequency fi according to
Equation (2).

Yifk]=S[k+d;]-aexp(idy;) @

In Equation (2), d, denotes a shift in the frequency domain
when the harmonic band component H[1] in the spectrum S[k]
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of'the target voice characteristics is mapped to each harmonic
frequency fi, and is defined by Equation (3).

L 3
d‘-=<(Pv-i—PS-m;)ﬁ+0.5> ®

In Equation (3), {) denotes a floor function. That is, a

function {x+0.5) is an arithmetic operation for rounding off a
numerical value x to the nearest integer. In addition, L. repre-
sents the duration (window length) of a unit period in short-
time Fourier transform performed by the analysis unit 36 and
FS represents a sampling frequency of the target voice signal
QB.

In Equation (3), m, is a variable determining the correspon-
dence relation between each harmonic band component HJi]
and each harmonic frequency fi after being mapped with
respect to the spectrum S[k] of the target voice characteristics,
and is defined by Equation (4).

m; = i.+0.5 )
! <R >

In Equation (2), a, is an adjustment value (gain) for adjust-
ing the intensity of the harmonic band component H[i] in
response to the spectrum X[k] of the initial voice character-
istics and is calculated for each harmonic frequency fi accord-
ing to Equation (5), for example.

Tv(fil
Ts[fi /R]

®

a; =

In Equation (5), T, denotes the envelope of the intensity
(amplitude or power) of the spectrum X[k] of the voice signal
VX and T, denotes the envelope of the intensity of the spec-
trum S[k]| of the target voice characteristics. As can be seen
from Equations (2) and (5), the intensity (intensity of peak
corresponding to the harmonic component) of the harmonic
band component H[i] is adjusted to a value based on the
envelope T, of the spectrum X[k] of the voice signal VX.

In Equation (3), ¢, is an adjustment value (rotation angle of
the phase of the harmonic band component H[1]) by which the
phase of the harmonic band component H[i] corresponds to
the spectrum X[k]| of the initial voice characteristics, and is
calculated for each harmonic frequency fi according to Equa-
tion (6), for example.

©

In Equation (6), £ represents a deflection angle. As is seen
from Equations (2) and (6), the phase of the harmonic band
component H[i] is adjusted to the phase of the spectrum X[k]
of the voice signal VX.

The voice characteristic converter 38 generates the spec-
trum Y[k]| of the voice signal VY for each unit period by
arranging a plurality of band components Yi[k] (Y1[k],
Y2[k], . . . ) calculated according to the above operations in
the frequency domain. As is understood from the above
description, the spectrum Y[k| generated by the voice char-
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acteristic converter 38 envelopes a fine structure (that is, a
structure reflecting a behavior of vocal cords when the target
voice characteristics are voiced) close to the spectrum S[k] of
the target voice characteristics, and approximates the enve-
lope and phase to the voice signal VX. That is, the spectrum
Y[k] of voice having the same pitch and phoneme (tone) as
the voice signal VX as the target voice characteristics is
generated.

Inthe above-described embodiment, since the fundamental
frequency PS of the target voice signal QB is adjusted to the
fundamental frequency PV of the voice signal VX before
voice characteristic conversion according to the voice char-
acteristic converter 38, when a harmonic component and an
ambient component (sub-harmonic) are present in each har-
monic band component HJ[i], the frequency-phase relation-
ship is appropriately maintained for both the harmonic com-
ponent and ambient component. Accordingly, even when a
thick voice or a hoarseness in which ambient components are
frequently generated in each harmonic band component HJi]
and each ambient component tends to vary time to time is
used as the target voice characteristics, a complicated process
for respectively adjusting phases of a harmonic component
and an ambient component through different methods is not
needed and an acoustically natural voice can be generated. In
the first embodiment, since each harmonic band component
HJ1] of the target voice signal QB is mapped to each harmonic
frequency fi near the i-th harmonic component in the spec-
trum SO[k] before adjustment according to the adjuster 34, it
is possible to generate a voice in which the voice character-
istics of the target voice signal QB are sufficiently reflected.

MODIFICATIONS

The above-described embodiment can be modified in vari-
ous manners. Detailed modifications will be described below.
Two or more embodiments arbitrarily selected from the fol-
lowing embodiments can be appropriately combined.

(1) While the target voice signal QB is generated by con-
necting intervals having turning points p randomly set in the
target voice signal QA as end points in the above embodi-
ment, a method of expanding the original target voice signal
QA is not limited to the above-described example. For
example, the target voice signal QB may be generated by
repeating the entire period (duration) of the target voice signal
QA. Specifically, itis possible to follow the target voice signal
QA from the start point to the end point in the forward direc-
tion and return to the start point upon arriving at the end point.
In addition, it is possible to follow the target voice signal QA
in the forward direction or backward direction and, upon
arriving at an end point (start point or end point), follow the
target voice signal QA in the opposite direction. In a configu-
ration in which the target voice signal QB having a sufficient
duration is stored in the storage unit 14, the continuation
processor 32 can be omitted.

(2) While the voice signal VZ corresponding to a mixture of
the spectrum X[k] of the initial voice characteristics and the
spectrum Y|[K]| of the target voice characteristics is output in
the above embodiment, the voice signal VY generated from
the spectrum Y[k] of the target voice characteristics alone
may be output (e.g. reproduced). That is, the mixer 26 may be
omitted.

(3) While the voice characteristics of the voice signal VX
generated by the voice synthesizer 20 are converted in the
above embodiment, the processing target of the convertor 24
is not limited to the voice signal VX. For example, a voice
signal VX supplied from a signal supply apparatus can be
converted by the converter 24. For example, a sound acquisi-
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tion device that generates the voice signal VX by collecting
live voice, a reproduction device that acquires the voice signal
VX from a portable or built-in recording medium, or a com-
munication device that receives the voice signal VX from a
communication network can be used as the signal supply
apparatus. As is understood from the above description, the
voice synthesizer 20 may be omitted.

(4) The sequence of processing by the converter 24 may be
appropriately modified. For example, considering a case in
which the adjustor 34 decreases the fundamental frequency
PS of'the target voice signal QB (case in which distribution of
harmonic components in the frequency domain is changed to
a dense distribution), the fine structure of the target voice
signal QB may not be sufficiently reflected in the spectrum
S[k] (that is, fine structure in the frequency domain of the
target voice signal QB may be damaged) in the above-de-
scribed configuration in which the analyzer 36 calculates the
spectrum S[k| based on a predetermined frequency resolution
after processing by the adjustor 34. Accordingly, it is desir-
able that the analyzer 36 calculates the spectrum S[k]| after
processing by the adjustor 34 in the same manner as the
above-described embodiment when the fundamental fre-
quency PV exceeds the fundamental frequency PS (R>1) and
processing (decreasing the fundamental frequency PS) by the
adjustor 34 be performed after calculation of the spectrum
S[k] by the analyzer 36 when the fundamental frequency PV
is less than the fundamental frequency PS (R<1).

(5) A plurality of target voice signals QA corresponding to
different fundamental frequencies PS may be selectively
used. In this case, the converter 24 calculates the average Pave
of fundamental frequencies PV corresponding to a plurality
of unit periods of the voice signal VX and selects a target
voice signal QA having a fundamental frequency PS close to
the average Pave from a plurality of target voice signals QA.
In this configuration, a target voice signal QA having a fun-
damental frequency PS similar to the fundamental frequency
PV of the voice signal VX is selected, and thus, an acousti-
cally natural voice can be generated compared to a case in
which a single target voice signal QA is processed.

(6) While the phonemes DP and the target voice signal QA
are stored in the storage unit 14 in the above-described
embodiment, it is possible to employ a configuration in which
the phonemes DP and the target voice signal QA are stored in
an external device (e.g. server device) provided separately
from the voice processing apparatus 100, and the voice pro-
cessing apparatus 100 acquires the phonemes DP and the
target voice signal QA from the external device through a
communication network (e.g. Internet). That is, a component
storing the phonemes DP and the target voice signal QA isnot
an essential component of the voice processing apparatus
100. Furthermore, the voice processing apparatus 100 may
generate the voice signal VZ from the voice signal VX
received from a terminal device through a communication
network and return the voice signal VZ to the terminal device.

What is claimed is:
1. A voice processing apparatus comprising one or more of
processors configured to:

adjust, in the time domain, a fundamental frequency of a
first voice signal corresponding to a voice having target
voice characteristics to a fundamental frequency of a
second voice signal corresponding to a voice having
initial voice characteristics different from the target
voice characteristics; and

sequentially generate a processed spectrum based on a
spectrum of the first voice signal and a spectrum of the
second voice signal by:
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dividing the spectrum of the first voice signal into a plural-
ity of harmonic band components after the fundamental
frequency of the first voice signal has been adjusted to
the fundamental frequency of the second voice signal;

allocating each harmonic band component obtained by
dividing the spectrum of the first voice signal to each
harmonic frequency associated with the fundamental
frequency of the second voice signal; and

adjusting an envelope and phase of each harmonic band

component according to an envelope and phase of the
spectrum of the second voice signal.

2. The voice processing apparatus of claim 1, wherein the
processor is configured to allocate an i-th harmonic band
component of the spectrum of the first voice signal after
adjustment of the fundamental frequency thereof to each
harmonic frequency near an i-th harmonic component of the
spectrum of the first voice signal before adjustment of the
fundamental frequency thereof, whereiniis a positive integer.

3. The sound processing apparatus of claim 1, wherein the
processor is configured to adjust the fundamental frequency
of the first voice signal by sampling the first voice signal
according to the ratio of the fundamental frequency of the first
voice signal to the fundamental frequency of the second voice
signal.

4. The sound processing apparatus of claim 1, wherein the
processor is further configured to generate the first voice
signal by successively extracting periods from a target voice
signal which is obtained by steadily voicing a specific pho-
neme with the target voice characteristics, and by connecting
the periods in the time domain.

5. The sound processing apparatus of claim 1, wherein the
processor is further configured to weight the processed spec-
trum relative to the spectrum of the second voice signal, and
to mix the spectrum of the second voice signal and the
weighted spectrum.

6. The sound processing apparatus of claim 1, wherein the
processor is configured to generate the first voice signal rep-
resenting a sample voice of a predetermined duration
obtained by voicing a specific phoneme.

7. The sound processing apparatus of claim 1, wherein the
processor is configured to generate the first voice signal by
repeatedly reading, in a forward direction or backward direc-
tion, an entire period of a target voice signal which is obtained
by steadily voicing a specific phoneme with the target voice
characteristics.

8. The sound processing apparatus of claim 1, wherein the
processor is configured to generate the first voice signal
which is selected from a plurality of target voice signals
having different target voice characteristics.

9. A voice processing method comprising the steps of:

adjusting, in the time domain, a fundamental frequency of

afirst voice signal corresponding to a voice having target
voice characteristics to a fundamental frequency of a
second voice signal corresponding to a voice having
initial voice characteristics different from the target
voice characteristics; and

sequentially generating a processed spectrum based on a

spectrum of the first voice signal and a spectrum of the
second voice signal by the steps of:
dividing the spectrum of the first voice signal into a plural-
ity of harmonic band components after the fundamental
frequency of the first voice signal has been adjusted to
the fundamental frequency of the second voice signal;

allocating each harmonic band component obtained by
dividing the spectrum of the first voice signal to each
harmonic frequency associated with the fundamental
frequency of the second voice signal; and
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adjusting an envelope and phase of each harmonic band
component according to an envelope and phase of the
spectrum of the second voice signal.

10. The voice processing method of claim 9, wherein the
allocating step allocates an i-th harmonic band component of
the spectrum of the first voice signal after adjustment of the
fundamental frequency thereof to each harmonic frequency
near an i-th harmonic component of the spectrum of the first
voice signal before adjustment of the fundamental frequency
thereof, wherein is a positive integer.

11. The sound processing method of claim 9, wherein the
adjusting step adjusts the fundamental frequency of the first
voice signal by sampling the first voice signal according to the
ratio of the fundamental frequency of the first voice signal to
the fundamental frequency of the second voice signal.

12. The sound processing method of claim 9, further com-
prising the step of generating the first voice signal by succes-
sively extracting periods from a target voice signal which is
obtained by steadily voicing a specific phoneme with the
target voice characteristics, and by connecting the periods in
the time domain.

13. The sound processing method of claim 9, further com-
prising the steps of weighting the processed spectrum relative
to the spectrum of the second voice signal, and mixing the
spectrum of the second voice signal and the weighted spec-
trum.

14. The sound processing method of claim 9, further com-
prising the step of generating the first voice signal represent-
ing a sample voice of a predetermined duration obtained by
voicing a specific phoneme.

15. The sound processing method of claim 9, further com-
prising the step of generating the first voice signal by repeat-
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edly reading, in a forward direction or backward direction, an
entire period of a target voice signal which is obtained by
steadily voicing a specific phoneme with the target voice
characteristics.

16. The sound processing method of claim 9, further com-
prising the step of generating the first voice signal which is
selected from a plurality of target voice signals having differ-
ent target voice characteristics.

17. A machine readable non-transitory storage medium for
use in a computer, the medium containing program instruc-
tions executable by the computer to:

adjust, in the time domain, a fundamental frequency of a

first voice signal corresponding to a voice having target
voice characteristics to a fundamental frequency of a
second voice signal corresponding to a voice having
initial voice characteristics different from the target
voice characteristics; and

sequentially generate a processed spectrum based on a

spectrum of the first voice signal and a spectrum of the
second voice signal by:
dividing the spectrum of the first voice signal into a plural-
ity of harmonic band components after the fundamental
frequency of the first voice signal has been adjusted to
the fundamental frequency of the second voice signal;

allocating each harmonic band component obtained by
dividing the spectrum of the first voice signal to each
harmonic frequency associated with the fundamental
frequency of the second voice signal; and

adjusting an envelope and phase of each harmonic band

component according to an envelope and phase of the
spectrum of the second voice signal.
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